This paper describes noise reduction combining microphones and piezoelectric devices. The conventional microphone array has widely been utilized to realize a noise reduction and Direction of Arrival (DOA) estimation system. However, when the microphones are mounted to robot systems, the microphones are set extremely close to the robot. Then, the problem of internal noise from robots such as motors and gears arises. It is difficult to reduce the internal noise utilizing the conventional microphone array because the noise source is extremely close to the microphones. As the internal noise is not always stationary or sparse, we also can not employ useful blind source separation (BSS) approaches such as Independent Component Analysis (ICA) and sparseness approach. The aim of our research is to reduce the internal noise by utilizing the piezoelectric devices attached on the internal noise source. In this paper, we formulate the problem combining microphones and the piezoelectric devices and describe the proposed algorithm for noise reduction. Experimental results show that our proposed method can reduce the internal noise.
I. INTRODUCTION
Let us consider a sound with N kinds of noise recorded L microphones in an echoic room. s(t) and n j (t) represent the desired signal and the jth noise, respectively. The signal obtained by the ith microphone x i (t) can be described as follows:
x i (t) = m i * s(t) + j m ij * n j (t) (1) where the m i represents the acoustic impulse responses from the desired signal to the ith microphone. The m ij represents the acoustic impulse responses from the jth noise to the ith microphone. The asterisk represents the convolution. In the frequency domain, we can express the L mixtures as follows: 
We consider a linear processing of the microphone array output. The output vector Y(τ, ω) can be described as follows:
where X(τ, ω) and W(ω) represent the 1 × L output vector of the microphones and the L × (N + 1) weight matrix, respectively. In the microphone array, W(ω) is optimized by setting the various constraint such as sound direction, noise direction, and noise power [1] , [2] , [3] . In practical systems such as robot systems, the noise source is extremely close to the microphones and the number of noise cannot always be determined. Moreover, the noise is also often larger than the signal source. Because of these reasons, it is difficult to reduce the noise from various sources such as motors and gears by utilizing the conventional microphone array. In Independent Component Analysis (ICA), W(ω) is optimized by assuming the statistical independence of the sounds [4] , [5] . In sparseness approaches, W(ω) is optimized by assuming the sparseness of the sounds in the frequency domain [6] , [7] , [8] . Although these approaches are effective and useful for stationary or disjoint noise, the internal noise of a robot is not always stationary or disjoint in the frequency domain, that is, it is difficult to utilize these blind source separation (BSS) approaches. In order to reduce the internal noise, we propose the method combining microphones and piezoelectric devices attached on the sound sources. A piezoelectric device is a passive device which transforms the force on the device to the voltage, and vice versa based on piezoelectric effect. In mechatoronics, there are many researches to control the vibration by utilizing piezoelectric devices as the actuators [9] , [10] , [11] . However, there are few researches to apply piezoelectric devices to the microphone array for reducing the internal noise. We give a description of the noise reduction combining microphones and piezoelectric devices in Sec. II. The experimental results based on the proposed method are demonstrated in Sec. III. The conclusions follow in Sec. IV.
II. NOISE REDUCTION COMBINING MICROPHONES AND PIEZOELECTRIC DEVICES
When we consider the noise in the robot system, the noise can be categorized into two kinds. One is external noise from the environment. Another is internal noise, the noise from the internal of the robots such as robot motors. Although the external noise can usually be regarded as the point source of sound, it is difficult to know the number and location of the noise in advance. The external noise sources also often move in the life space. On the other hand, although the number and location of the internal noise can often be known in advance, the noise source is not always regarded as the point source of sound. Paying attention to the features of these two kinds of noise, we aim at directly reducing the internal noise by utilizing not only the microphones but also the piezoelectric devices. The process of the algorithm is as follows: In our methods, we directly set the piezoelectric devices onto the noise sources like motors. Let us consider K kinds of internal noise, N kinds of external noise and L microphones. To reduce the internal noise, we also prepared K piezo electric devices corresponding to each internal noise. We attached the piezoelectric devices onto the noise sources. The signal obtained by the ith microphone x M i (t) can be described as follows:
where n I j (t) and n E k (t) represent the jth internal noise and kth external noise, respectively. The m i is the acoustic impulse responses from the signal source to the ith microphone. The m I ij represents the acoustic impulse responses from the jth internal noise source to the ith microphone. The m E ik is the acoustic impulse responses from the kth external noise source to the ith microphone. The signal obtained by the ith piezoelectric device x P i (t) can also be described as follows:
where the p i represents the acoustic impulse responses from the signal source to the ith piezoelectric device. Likewise, the p I ij is the acoustic impulse responses from the jth internal noise source to the ith piezoelectric device. The p E ik represents the acoustic impulse responses from the kth internal noise source to the ith piezoelectric device. Our aim is to detect the noise characteristics from the output of the piezoelectric devices. We can assume the following conditions because the piezoelectric devices detect the mechanical vibration of the attached parts:
Here, we consider the problem in the frequency domain. Let us define the output vector of the microphones and piezoelectric devices X M (τ, ω) and X P (τ, ω) as follows:
, · · · , X P K (τ, ω)] T (10) where τ and ω represent the time and frequency, respectively. T represents transpose. Also, we can express the noise vector of the internal noise and external noise N I (τ, ω) and N E (τ, ω) as follows:
The mixing vector regarding signal of the microphones M S (ω) is defined as follows:
The mixing matrixes regarding both the internal noise and the external noise of the microphones M I (ω) and M E (ω) are defined as follows:
In the same way, the mixing vector regarding signal of the piezoelctric device P S (ω) is defined as follows:
The mixing matrixes regarding the internal noise and the external noise of the piezoelectric devices P I (ω) and P E (ω) are expressed as follows:
In frequency domain, we can express the K + L mixtures of microphones and piezoelectric devices as follows:
where
The M E ij (ω) and P E ij (ω) vary because the positional relationship among the external noise, the microphones and In other words, we set W I (ω) as
As both of M I ij (ω) and P I ij (ω) are measured in advance, we can easily set W I (ω). We then optimize W E (ω) by employing various kind of method based on the microphone array such as beam-forming and adaptive microphone array, ICA and sparseness approaches.
III. EXPERIMENT
We conducted the experiments to evaluate the performance of the proposed method. For the experiments, we utilized an autonomous mobile robot called UBIRO, which is developed in our laboratory. Fig.1 depicts the appearance of UBIRO. As shown in Fig.1 , we set two microphones and a piezoelectric device on the front side of UBIRO. Fig.2 depicts the physical layout of two microphones and a piezoelectric device on 6cm 3cm Installation space of two microphones and piezoelectric device UBIRO. The piezoelectric device (BGT-2000, Belcat) was set onto the photoelectronic sensor which has a motor for scanning. Two microphones (RP-VC200, Panasonic) were set 3cm apart from the sensor. The experimental setup is illustrated in Fig.3 . The sound sources were set 40 cm apart from the motor. The sound was generated from 0 degree and 90 degree. The recording room is not a particular room such as an anechoic room but an ordinary conference room because we aim to apply the proposed method to the robots in the real environment. The reverberation time is 387 ms. The transfer function from the motor to the piezoelectric device and to the microphones are measured by cross-spectrum method. We utilized amplitude transfer characteristics for reducing the noise. As the sound sources, we selected four male voices and four female voices from "Japanese Newspaper Article Sentences" edited by the Acoustical Society of Japan. We calculate SN R as follows:
where T represents the observation time. N RR is defined as follows:
where SN R bef ore and SN R af ter represent the SN R before and after noise reduction, respectively. Table. I shows the results of SN R bef ore and N RR regarding the microphones 1 and 2 when the sound was generated from 0 degree. Table. II shows the results of SN R bef ore and N RR regarding the microphones 1 and 2 when the sound was generated from 90 degree. As shown in Tables.I and II, the proposed method could reduce the noise about 5dB throughout all the experiments although the SN R bef ore was various and the noise was sometimes extremely big.
IV. CONCLUSION
In this paper, we proposed a method for noise reduction with combining microphones and piezoelectric devices. The proposed method can reduce the internal noise even if the number of the noise is larger than the microphones and piezoelectric devices. The proposed method is not conflicting but compatible with the conventional techniques for noise reduction and can be implemented as the preprocessing of the conventional microphone array method. For future works, we aim to develop the method combining the proposed method and the conventional blind source separation algorithm such as beam-forming, adaptive microphone array, ICA and sparseness approaches. Moreover, we are going to apply the proposed method to the real robot audition and speech systems.
